Abstract-In this paper, an experimental testbed is designed to evaluate the performance of a bandwidth compressed multicarrier technique, termed spectrally efficient frequency division multiplexing (SEFDM) in a carrier aggregation (CA) scenario. Unlike orthogonal frequency division multiplexing (OFDM), SEFDM is a nonorthogonal waveform which, relative to OFDM, packs more subcarriers in a given bandwidth, thereby improving spectral efficiency. CA is a long-term evolution-advanced (LTE-Advanced) featured technique that offers a higher throughput by aggregating multiple legacy radio bands. Considering the scarcity of the radio spectrum, SEFDM signals can be utilized to enhance CA performance. The combination of the two techniques results in a larger number of aggregated component carriers (CCs) and, therefore, increased data rate in a given bandwidth with no additional spectral allocation. It is experimentally shown that CA-SEFDM can aggregate up to seven CCs in a limited bandwidth, while CA-OFDM can only put five CCs in the same bandwidth. In this paper, LTE-like framed CA-SEFDM signals are generated and delivered through a realistic LTE channel. A complete experimental setup is described, together with error performance and effective spectral efficiency comparisons. Experimental results show that the measured bit error rate performance for CA-SEFDM is very close to CA-OFDM and that the effective spectral efficiency of CA-SEFDM can be substantially higher than that of CA-OFDM.
I. INTRODUCTION
T HE exponential growth in demand for broadband services is leading to increased research in new modulation formats and system architectures aiming to utilize the available, yet limited, spectrum. Long-term evolution (LTE) [2] was proposed and standardized and has now been commercialized, with LTE-Advanced [3] being introduced and its high data rate features demonstrated. Among these techniques, carrier aggregation (CA) [4] - [7] is one of the most attractive and distinct. The May 12, 2017 . This journal submission is an extension of the authors' recent conference paper, which was the first to propose the use of SEFDM in an LTE framework. This extended paper details SEFDM signal generation and detection methods, channel estimation techniques, and their efficacy, as well as complexity analysis of different SEFDM variants. The review of this paper was coordinated by Dr. N.-D. Đào.
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Digital Object Identifier 10.1109/TVT.2016.2607523 main idea of this technique is to aggregate legacy fragmented frequency bands (i.e. LTE signal band) up to 100 MHz. However, this benefit is subject to spectrum availability. Orthogonal frequency division multiplexing (OFDM) has been identified as a physical layer air interface in LTE. OFDM is the multicarrier technique that can pack multiple overlapping orthogonal subcarriers. However, OFDM's transmission bandwidth is close to that achieved using a single carriers and OFDM is sensitive to frequency offset, which results in performance degradation. In order to relax the requirement of orthogonality and simultaneously achieve a higher spectral efficiency, spectrally efficient frequency division multiplexing (SEFDM) was proposed in 2003 [8] . SEFDM introduces nonorthogonal overlapping subcarriers leading to an improved spectral efficiency. This technique was proposed for fifth generation (5G) networks [9] and has been experimentally implemented in optical [10] , [11] , wireless [1] , and hybrid [12] systems. This and other promising spectrally efficient techniques proposed for future 5G have been recently detailed in a new book [13] and some were discussed in [14] . Some of these techniques are based on nonorthogonal signal formats and these have been eloquently summarized in a 2013 IEEE proceedings paper with the title "Faster-Than-Nyquist Signaling" [15] . Faster than Nyquist (FTN) itself is a method applicable to single carrier and multicarrier systems and was originally proposed by Mazo in 1975 [16] . The FTN method was first proposed for multicarrier systems initially in 2005 [17] and further detailed in [18] with transmitter and receiver hardware implementation in [19] . Multistream FTN is a time-domain nonorthogonal technique offering improved spectral efficiency. Instead of packing subcarriers closer together as in SEFDM, it transmits higher rate data on the subcarriers, thereby violating the Nyquist criteria and leading to a nonorthogonal multicarrier signal. Furthermore, a hybrid technique termed time frequency packing (TFP), which may be viewed as a combination of SEFDM and FTN was presented in [20] . The time-domain nature of the FTN and TFP techniques makes it difficult to place their respective signals in LTE frames, which have strict timing requirements. A group of pulse shaping techniques, such as the filterbankbased multicarrier (FBMC) technique [21] , the generalized frequencylm; division multiplexing (GFDM) technique [22] , and the universal-filtered multicarrier (UFMC) technique [23] were proposed to reduce interference power by removing out-of-band emission. These signal shaping/filtering techniques, even though they have the desirable characteristic of almost brick wall signal spectra, offer no bandwidth saving or data rate increase within the signal band. SEFDM, on the other hand, offers both ad- vantages: signals that may be placed within LTE frames with minimal modification and, hence, good LTE compatibility and higher data rate through spectral saving. Furthermore, recent studies of SEFDM have shown its capacity advantages [24] and, similarly to FBMC, GFDM, and UFMC techniques, its reduction of out-of-band emission [25] , [26] advantages when the SEFDM pulses are shaped by filtering at the transmitter. Given these signal advantages, we believe the use of SEFDM in future wireless systems, such as 5G, which requires higher levels of spectral efficiency and LTE backward compatibility, is a credible proposal. Signal detection is challenging due to the self-created intercarrier interference (ICI) in SEFDM. Initially, linear detectors were evaluated such as zero forcing (ZF) [8] and minimum mean squared error (MSE) [27] . However, they perform well only for small system sizes (i.e., small number of subcarriers) and at high SNRs. Maximum likelihood (ML) is an optimal detection technique to recover signals subject to ICI, but it has a major drawback in the exponential growth of its complexity with the enlargement of the system size and modulation level. Sphere decoding (SD), as an alternative to ML, was demonstrated in [28] to have an optimal performance at a much reduced complexity by searching candidate solutions within a constrained space. A key limitation is in its random complexity, which depends on noise levels and leads to impractical hardware implementation. Subsequently, a hybrid detector combining truncated singular value decomposition (TSVD) with fixed SD (FSD) was explored in [27] , which offered a substantial reduction in complexity. However, the achievable error performance is still worse than the optimum ML performance. In order to further improve the system performance, a hybrid iterative detection-FSD (ID-FSD) technique was reported in [29] where 20% of the bandwidth is saved without performance degradation. Unfortunately, the aforementioned detectors are all limited to small system sizes because as the number of subcarriers is increased, the elimination of ICI at the receiver becomes increasingly difficult. To ameliorate this problem, an efficient SEFDM system termed block-SEFDM (B-SEFDM) has been proposed in [30] , where the whole spectrum is decomposed into several subbands and symbols in each subband can be recovered independently. Due to a limited number of subcarriers within each subband, B-SEFDM can effectively remove out-of-band interference and employ optimal detection algorithms like ML or SD in each subband with correspondingly reduced complexity. Results show that by using SD, an SEFDM signal of 20% bandwidth saving with 128 subcarriers can be recovered with no performance degradation. In B-SEFDM the complexity is linearly proportional to the number of subbands since identical detectors are used in each subband. To reduce complexity further and maintain (or even improve) error performance, it is important to use different methods of transmission and detection. This challenge was addressed recently in [31] by using a convolutional coding assisted soft detector to improve iteratively system performance. A soft detector consisting of a fast Fourier transform (FFT) detector followed by a standard Bahl-Cocke-Jelinek-Raviv (BCJR) decoder was designed to allow soft information to be exchanged between the detector and the decoder for the purpose of improving the reliability of candidate solutions in each iteration. This detector is a practical solution for a large size SEFDM system due to the introduction of the FFT detector in which an efficient FFT algorithm is employed. In [31] , it is reported that in a frequency selective channel scenario, an SEFDM system with 1024 nonorthogonal subcarriers can save at least 40% bandwidth compared to an equivalent OFDM system, with a 1.1 dB performance penalty. It is worth noting that SEFDM has been studied in different research directions. In [33] , the effect of nonlinear distortions caused by power amplifiers on SEFDM has been investigated. In [25] , it has been found that the bandwidth compression issue in SEFDM can be optimized using signals with optimum envelope forms, which have low out-of-band power emission. Moreover, in [34] , it has been proved that an asymptotically optimal algorithm initially proposed for OFDM signal reception can be used for SEFDM.
In this paper, we consider respective advantages of both CA and SEFDM in a real RF environment, which introduces amplitude attenuation, phase distortion, and propagation delay. Recalling that CA is a bandwidth extension scheme, whereas SEFDM is a bandwidth compression technique, the combination of the two results in more aggregated component carriers (CCs) in a given bandwidth. This can result in two possible scenarios: either higher throughput may be achieved without occupying additional bandwidth or more users (more CCs) can share the same overall bandwidth. In this paper, the use of SEFDM in a CA scenario is discussed conceptually and then evaluated experimentally in a realistic RF scenario. An LTE-like CA-SEFDM experimental testbed is demonstrated, where more CCs are aggregated in a given LTE-Advanced standard 25 MHz bandwidth. Experimentally, signals were generated using a commercially available arbitrary waveform generator (AWG), transmitted through an LTE fading channel emulator and then digitized and recovered. Signals were based on the LTE signal format with the modification of the placing of pilot tones to facilitate channel estimation in the heavily interfered SEFDM signals. The recovery included full channel estimation (FCE) and equalization before signal demodulation and detection.
The rest of the paper is organized as follows. Section II gives a brief description of the principle of the CA-SEFDM system. Section III introduces the SEFDM system model, and presents the key digital signal processing including signal generation, channel estimation, and signal detection. Section IV describes the experimental setup for the CA-SEFDM transceiver with a realistic fading channel, and Section V shows the measured results from the experimental testbed. Implementation challenges are demonstrated in Section VI. Finally, Section VII concludes the paper.
II. PRINCIPLE OF CARRIER AGGREGATION-SPECTRALLY
EFFICIENT FREQUENCY-DIVISION MULTIPLEXING LTE-advanced allows several CA scenarios to increase the system bandwidth beyond 20 MHz [3] . CCs can be aggregated contiguously in the same band (intraband contiguous CA), noncontiguously in the same band (intraband noncontiguous CA), or in different bands (interband noncontiguous CA). From a digital signal processing perspective, there is no obvious difference among these scenarios. However, from an RF implementation perspective [5] - [7] , the intraband contiguous CA is the simplest, where a single RF filter and a single inverse FFT (IFFT)/FFT can be used to reduce implementation complexity, at the expense of using a wider band RF filter. For noncontiguous CA scenarios, either in the same band or different bands, several RF filters and IFFTs/FFTs have to be used. In this paper, we employ the intraband contiguous CA scheme. The stage where CCs are combined leads to alternative architectures [35] . In this paper, a simple CA transmitter whose multiple CCs are combined in the digital domain before digital-to-analog conversion (DAC) is used as described in [35] . Thus, the signal generation is simplified using a single IFFT.
The general CA-SEFDM idea is illustrated in Fig. 1 . A single subcarrier, with 15 kHz baseband bandwidth, is generated. In the figure, both OFDM and SEFDM subcarrier packing schemes are demonstrated for the purpose of comparison. For OFDM orthogonal multiplexing, multiple subcarriers are orthogonally packed at each frequency with 15 kHz subcarrier spacing. For SEFDM, after nonorthogonal multiplexing, subcarriers are packed more densely; thus, the spacing between adjacent subcarriers is smaller than 15 kHz (i.e., below the orthogonality limit). It is apparent that by multiplexing the same number of subcarriers, SEFDM will occupy less bandwidth. In the figure, the signal spectra of OFDM and SEFDM CCs are illustrated showing bandwidth compression in SEFDM CCs and the aggregation of higher number of CCs, with narrower guard bands, in CA-SEFDM whilst maintaining the same data rate per subcarrier. Therefore, for the same bandwidth allocation, the benefits of CA-SEFDM over CA-OFDM are evident. CA-SEFDM can offer a higher throughput for a single user. Alternatively, more users (more CCs) can share the same bandwidth in the CA-SEFDM.
III. SPECTRALLY EFFICIENT FREQUENCY-DIVISION MULTIPLEXING SIGNAL
An SEFDM symbol consists of a block of N complex symbols, denoted by s = s + js . These complex symbols are modulated on nonorthogonal overlapped subcarriers. Therefore, for a system with N subcarriers, the normalized SEFDM signal is expressed as
where α = ΔfT is the bandwidth compression factor, where Δf denotes the subcarrier spacing; and T is the period of one SEFDM symbol. N is the number of subcarriers, and s l,n is the complex quadrature amplitude modulation (QAM) symbol modulated on the nth subcarrier in the lth SEFDM symbol. Since α defines the bandwidth compression, then the percentage of bandwidth saving is equal to
Notice that Δf in SEFDM is smaller than that in OFDM. For OFDM signals α = 1, and α < 1 for SEFDM.
In this paper, we focus on the discrete sampled version where the first SEFDM symbol of x(t) is sampled at T /Q intervals where Q = ρN and ρ ≥ 1 is the oversampling factor. Hence, the discrete SEFDM signal is mathematically represented by
where
, s n is a QAM symbol modulated on the nth subcarrier and
is a scaling factor for the purpose of normalization. Furthermore, the signal can be simply expressed in matrix form as
where X is a Q-dimensional vector of time samples, S is an N -dimensional vector of transmitted symbols, and F is a Q × N subcarrier matrix with elements equal to e j 2π n k α Q . Assume a simple channel scenario where only additive white Gaussian noise (AWGN) is introduced. At the receiver, X defined in (3) is contaminated by AWGN denoted as Z. The received signal is demodulated by correlating it with the conjugate subcarriers F * . The reception process is expressed as
where R is an N -dimensional vector of demodulated symbols or, in other words, collected statistic; C is an N × N correlation matrix that is defined as C = F * F, where F * denotes the N × Q conjugate subcarrier matrix with elements equal to e
, and Z F * is the AWGN correlated with the conjugate subcarriers. Interference from nonorthogonal packed subcarriers can be evaluated using the correlation matrix C where elements in the matrix are expressed as
where m, n are indices of two arbitrary subcarriers. The offdiagonal terms in the correlation matrix C indicate the effect of nonorthogonal overlapping, which results in ICI.
A. Signal Generation
In a conventional OFDM system, signal generation can be realized in a straightforward manner by using a standard IFFT. However, due to the deliberate violation of the orthogonality property within SEFDM, the traditional IFFT approach is not applicable and therefore the direct application of (2) to effect signal generation is not an option. In order to use the IFFT algorithm, two alternative algorithms were specially designed for SEFDM. Either using a single IFFT or multiple IFFTs [36] . The above methods are also applicable to SEFDM signal demodulation since the FFT is an inverse operation of the IFFT.
1) Single IFFT:
The first method is a zero padding scheme where a specific number of zeros are padded at the end of each input vector (i.e., multiple QAM symbols). The length of an original input vector becomes M = Q/α. Therefore, for an N subcarrier SEFDM system with the bandwidth compression factor α, it is possible to employ a single IFFT of a Q/α length where useful symbols are appended to the first N inputs and zeros are appended to the last M − N remaining inputs such as
where the value of Q/α has to be an integer and simultaneously a power of two: in other words, Q/α ∈ 2
, allowing for the inverse discrete Fourier transform (IDFT) to be implemented by means of the computationally efficient radix-2 IFFT. Assuming Q/α satisfies the requirement, the SEFDM signal in a new format is expressed as
The output is truncated with only Q samples retained while the rest of the samples are discarded.
2) Multiple IFFTs:
In [36] , a technique to effectively generate SEFDM signals by using a multiple IFFT architecture has been presented, which relaxes the requirement for Q and α. Instead of padding zeros at the end of each input symbol, a number of zeros are interpolated. In [36] , it has been shown that by setting α = b/c, where b and c are both positive integers (i.e. b, c ∈ N > 0 ) and b < c, the rearranged input vector of length cQ can be separated into c parallel vectors where an IFFT of length Q can be operated on each vector. Therefore, (2) can be rearranged and represented as
where s is a cQ-dimensional vector of symbols as
By substituting with n = i + lc, (8) can be extended to
With further modifications, (10) can be rearranged as
(11) Equation (11) shows that an SEFDM symbol is equivalent to a combination of multiple OFDM symbols. It is apparent that the SEFDM signal can be generated by using c parallel IFFT operations each of Q points. The first summation term on the right-hand side of (11) determines the number of parallel IFFT operations. The second summation term indicates a Q-point IFFT of the sequence s (i + lc).
Considerable work has been done with respect to hardware implementations of the multiple IFFT method. A route to very large scale integration implementation of a reconfigurable SEFDM transmitter in 32-nm CMOS was described in [36] with the introduction of a pruned IFFT architecture. At 100-MHz clock frequency, the throughput can reach 17.4 Mb/s with QPSK modulation, and up to 52.2 Mb/s with 64QAM modulation, with bandwidth saving up to 50% relative to OFDM.
B. Channel Estimation
In OFDM systems a single tap frequency-domain channel estimation algorithm may be applied to estimate the time varying and frequency selective channel. Alas, this is not possible for SEFDM due to the self-created ICI. Some related work [37] , [38] has been done to resolve this issue present in SEFDM. In [37] , a time-domain channel estimation and a frequency-domain joint channel equalization/detection were proposed, where an SEFDM pilot symbol is used to estimate channel state information (CSI), which is termed FCE. However, due to nonorthogonal packing of subcarriers in SEFDM, pilot tones (reference signals In LTE terminology) within one SEFDM pilot symbol interfere with each other leading to inaccurate estimate of CSI. In [38] , an enhanced time-domain estimation/equalization method, termed partial channel estimation, was investigated. This was based on the analysis mentioned in [38] , where for specific values of α, there exists a number of nonadjacent subcarriers that are mutually orthogonal. Therefore, predetermined pilot tones can be sent on such mutually orthogonal subcarriers to avoid ICI. Although, other mutually nonorthogonal subcarriers are reserved without sending data, a more accurate channel estimate can be obtained.
In this paper, we adopt the full channel estimation (FCE) to estimate CSI and equalize the channel in the time domain, which indicates pilot tones are modulated on all subcarriers instead of the mutually orthogonal ones. A purpose designed SEFDM subframe is illustrated in Fig. 2 , with data structure identical to that of an LTE subframe [2] , except for the location of pilot symbols. For an SEFDM subframe, the first SEFDM symbol is reserved as the pilot symbol instead of reference signals distributed within one LTE subframe. The CSI can be obtained at the receiver based on the knowledge of the pilot symbol. In order to get more accurate CSI, the estimated values of CSI are averaged from two pilot symbols of adjacent subframes. It is worth noting that the SEFDM symbols in two resource blocks within the same subframe (1 ms) are assumed to experience the same channel.
The concept of SEFDM time-domain channel estimation/equalization is theoretically described in [38] and practically tested in [1] and [12] . In order to evaluate the efficacy of the time-domain channel estimation scheme, a static frequency selective channel [31] is assumed as follows:
The estimation accuracy of different channel estimation methods is measured using MSE, as shown in Fig. 3 . The MSE is calculated as
Results are compared to those of a frequency-domain channel estimator similar to that used in OFDM systems. For the frequency-domain channel estimation, as expected, the OFDM system results in better channel parameter estimates and, therefore, has lower MSE values than those of the SEFDM system tested for different values of α. This illustrates that the loss of orthogonality in the SEFDM system impairs the performance of the commonly used frequency-domain single tap channel estimation. It is evident that, with the increase of α, the SEFDM result approaches those of OFDM. Conversely, for the timedomain channel estimation, although the MSE values are still worse for SEFDM relative to those of OFDM, variation of α results in minimal variation of MSE values. It should be noted that at low E b /N o , the frequency-domain method provides a more accurate channel estimation than the time-domain one. At high E b /N o , since the typical frequency-domain method cannot effectively remove ICI, an error floor occurs. On the other hand, the time-domain method can mitigate the ICI effect; therefore, the time-domain method shows a lower MSE than the frequencydomain one. In addition, it is apparent that the OFDM system shows a lower MSE than the proposed SEFDM channel estimation scheme. The reason is attributed to the ill conditioning [i.e., self-created ICI as shown in (5)] of the SEFDM system.
C. SEFDM Soft Detection Principle
The utility of applying soft detection in SEFDM signals operating in different multipath environments was reported recently in [1] , and the soft detection principle was described in [31] . Similar techniques were used for FTN [19] , [39] , while in [20] , TFP has successfully applied the low density parity check with interference cancellation. In this section, the principle is summarized and readers are referred to the above-mentioned references for further details. A functional block diagram of the soft detector is illustrated in Fig. 4 . In this figure, the soft detector consists of an FFT detector [31] and an outer decoder [32] . The proposed architecture maximizes the a posteriori probability for a given bit through a process of iteration based on the Turbo principle [40] . In each iteration, soft (i.e., extrinsic) information L e is exchanged between the FFT-based detector and the outer decoder. The soft information is expressed in the form of loglikelihood ratio (LLR). The sign of the LLR value determines the sign of the bit, and its magnitude determines the reliability of the sign of the bit. The extrinsic information L e is obtained by subtracting a priori information from a posteriori information written as L e = L a-posteriori − L a-priori . In Fig. 4 , at the beginning, the input samples are demodulated in the multiple FFT demodulator. Then, the a posteriori information L The study of the outer decoder is beyond the scope of this work. Detailed description of the standard BCJR decoder can be found in [32] . The demodulation is an inverse operation of the modulation in (2) . In order to use FFT for SEFDM signal demodulation, following the same principle in Section III-A2, the demodulation of the SEFDM signal can be treated as a manipulation of c parallel overlapped OFDM signals expressed as
where r is the received sample vector and r is a cQ-dimensional vector of samples as
The second summation term in (14) is a Q-point FFT of the sequence r (i + lc). Considering the first term, the demodulation of an SEFDM signal can be treated as multiple FFT operations indicating one SEFDM symbol is composed of multiple overlapped OFDM symbols. It is apparent that one OFDM symbol is an interference signal superimposed on other OFDM symbols. Therefore, the interference canceller aims to remove c − 1 parallel OFDM interference signals from one OFDM signal, through regenerating interference signals using IFFT processes applied to the soft mapped symbols. Detailed mathematical descriptions of these processes can be found in [31] . Since a Turbo principle architecture is employed, the interference canceller and demodulator are not activated simultaneously. Since an FFT design can be easily transformed to an IFFT by carrying out extra computations (such as conjugating input complex QAM symbols and output complex results), there is an implementation advantage of this architecture in that the FFT detector can reuse the demodulation and the interference cancellation functions by applying appropriate time multiplexing.
IV. EXPERIMENTAL SETUP
This section presents experimental evaluation of CA-SEFDM tested in an LTE wireless fading channel scenario. The experimental testbed of CA-SEFDM is shown in Fig. 5 . The testbed includes hardware and software elements. The software consists of two DSP blocks for signal generation and detection at the transmitter and the receiver, respectively. The hardware consists of an Aeroflex PCI extensions for instrumentation (PXI) chassis, a Spirent VR5 channel emulator, and a spectrum analyzer.
A. Testbed Software
Signal processing in the DSP blocks IS carried out offline using MATLAB. This part includes operations that generate and recover signals. A block diagram of the software testbed is shown in Fig. 6 .
At the transmitter, a simple convolutional coding scheme is used for all the LTE-like experiments (OFDM and SEFDM) to allow fair comparisons. Therefore, the performance obtained is not optimized for each case and improved performance may be obtained if bespoke coding was designed for each case as suggested in [41] . The binary bit stream Υ = [γ 1 , γ 2 , ..., γ ε ] is first encoded in the encoder where a coding rate R code = 1/2. The code used is a (7, 5) cardinality in this experiment. One uncoded pilot symbol is inserted at the beginning of each subframe (i.e., 13 complex coded symbols) and is used to estimate CSI, compensate for imperfect timing synchronization and local oscillator phase offset. It should be noted that LTE release 8 defines 10% protection guard subcarriers. Therefore, we should reserve a 10% gap between adjacent CCs to combat the Doppler spread encountered in a real world fading channel. This is managed after a serial to parallel conversion by inserting zeros after the data symbols in each band. The guard band is the subcarriers that are null for the purpose of oversampling. The modified stream appended with pilot symbols is modulated to specific frequencies by using IFFT operations. In order to combat multipath delay spread, a cyclic prefix (CP) is added before parallel-to-serial (P/S). In order to estimate an accurate starting point of a data stream at receiver side, a timing synchronization sequence is added at the beginning of a transmitted signal. It employs Schmidl and Cox algorithm [43] where two identical data sequences are sent and correlation peak will be calculated and captured at the receiver side. Subsequently, the I and Q data of the SEFDM signal are uploaded to the hardware environment and then captured by the receiver side DSP block.
The captured signal is first timing synchronized and then delivered to a serial to parallel (S/P) transform block. Due to the effects of the multipath fading channel, phase and amplitude distortions are introduced and their impact is estimated and equalized in the channel estimation and channel equalization modules, respectively. The compensated signal is demodulated in the FFT block and raw SEFDM symbols are obtained after the removal of guard bands and inserted zeros. Then, the signal detector described in Section III-C is used to recover signals from ICI after P/S. Finally, the binary bit stream is obtained after the demapper.
B. Testbed Hardware
Signal transmission, wireless channel, and signal reception are all implemented in a realistic RF environment appeared in Fig. 7 . The Aeroflex PXI chassis consists of the 3026C RF signal generator and the 3035C RF digitizer. In the RF domain, the Aeroflex 3026C converts the incoming baseband IQ digital signal to an analogue one and up-converts the analogue signal to a 2-GHz frequency. The RF signal from the 3026C is transmitted to the input of VR5 whose output is fed to the 3035C. The VR5 passes RF signals through hardware emulated RF channels that can be either user designed of adhere to standard channel models. At the receiver side, after experiencing the fading and time varying channel, the distorted analogue signals are down-converted to baseband and converted back to digital I and Q signals in the Aeroflex 3035C. These signals are captured and then transferred to the RX software block for offline processing. In addition, an external synthesizer called the 3010/3011 RF Synthesizer is used to offer carrier frequency and 10-MHz reference frequency to the 3026C Digital RF Signal Generator and 3035C RF Digitizer. The Spirent VR5 channel emulator simplifies wireless systems evaluations for technologies such as LTE and LTEAdvanced. It provides a graphical user interface (GUI) for users to set up a real time and complex RF environment. VR5 supports a broad range of frequencies up to 6 GHz. There are several simplex (Input or Output only) and duplex (Input/Output) ports in the front panel of the VR5. After selecting the desired connection setup, these connections are automatically made inside the VR5. The propagation conditions like multipath power delay profile of fading channel models can be edited and saved via the GUI and the corresponding multipath effects are reflected in the magnitude of its output spectrum.
C. LTE Channel Model
The third-generation partnership project (3GPP) technical recommendation (TR) 36.104 [44] defines three LTE channel models, which are Extended Pedestrian A (EPA), Extended Vehicular A (EVA), and Extended Typical Urban (ETU). The experiment in this work was operated using the EPA channel model with detailed information given in Table I .
Spectral analysis is used to evaluate the frequency response of a signal after propagating through the VR5 channel emulator. Spectra before and after the LTE EPA5 fading channel are shown in Fig. 8 .
Spectra shown at three randomly chosen time instants obtained to illustrate the time-variant fading channel characteristics. The spectrum of an CA-SEFDM transmitted signal (without multipath fading) is shown in the left inset of Fig. 8 . It is apparent that the spectrum magnitude of the signal is flat across the whole 25 MHz band. After passing through the fading channel, due to random amplitude and phase distortions, the channel responses at different frequencies vary significantly in time, as shown in Fig. 8 . Spectra before and after the LTE EPA5 fading channel. the right inset of Fig. 8 . This can be effectively compensated for by using channel estimation and equalization.
V. EXPERIMENTAL RESULTS

A. Experimental Conditions
This experiment is carried out based on the setup shown in Section IV. A larger IFFT has to be used since the signal generation for multiple CCs is realized using a single long IFFT following the principle in described in [35] . System specifications of the experimental testbed are given in Table II . Unlike the maximum bandwidth (100 MHz) defined in LTE-Advanced, a total of 25 MHz bandwidth is used in this experiment. Therefore, the bandwidth for each CC in a CA-OFDM scenario is 5 MHz, whereas it is α × 5 MHz for each CC in a CA-SEFDM scenario. The central carrier frequency is set to be 2 GHz. Carrier frequencies of other CCs can be obtained by shifting α × 5 MHz from the central carrier frequency. A real-time LTE fading channel is configured with the use of the VR5 channel emulator. The channel specifications are shown in Table I . Considering the fact that different SEFDM symbols could experience different channels, which would have different amplitude and phase distortions, a total of 6500 SEFDM symbols are delivered and measured to get an averaged performance result. 
B. Error Performance
The iteration performance for three systems is studied in Fig. 9 where up to three iterations are tested. In terms of the CA-OFDM system with five CCs, it is evident that no iteration is required to get converged performance. However, for the CA-SEFDM system with six CCs, with one iteration, the performance can be slightly improved. Although the improvement is not obvious, in the following bit error rate (BER) and effective spectral efficiency demonstrations, one iteration is used for the six CCs scenario. The second CA-SEFDM system employs seven CCs indicating higher interference. As shown in the first inset of Fig. 9 , at least one iteration has to be used in the experiment to get converged performance.
The measured BER is illustrated in Fig. 10 . A typical CA-OFDM with five CCs is included for the purpose of comparison. The first CA-SEFDM system, aggregating six CCs, shows Fig. 10 and system specifications in Table II. performance close (within 1.7 dB) to the CA-OFDM one with 16% = (1 − 0.84) × 100% bandwidth savings. The second CA-SEFDM system packs subcarriers even closer by compressing 28% = (1 − 0.72) × 100% of bandwidth. Higher bandwidth compression indicates higher interference. Therefore, the performance gap is experimentally shown to be below 3 dB for all E b /N o values tested.
C. Spectral Efficiency
Although CA-SEFDM introduces slight performance degradation, Fig. 11 shows that CA-SEFDM outperforms CA-OFDM in terms of effective spectral efficiency, which is defined as the nonerror bits per second per Hertz that can be achieved. In Fig. 11 , spectral efficiencies are plotted for three different CA schemes at different E b /N o values. The effective spectral efficiency is defined as follows:
where R a is transmission data rate, B is occupied bandwidth, SE is computed spectral efficiency, BER is the bit error rate at a specific E b /N o value, (1 − BER) indicates the probability of a nonerror received bit stream, B (CC,OFDM) is the bandwidth of one CC in OFDM, N CC is the number of CCs in either OFDM or SEFDM, N (CC,OFDM) is the number of CCs in OFDM, and O is the constellation cardinality. Fig. 11 shows clearly that CA-SEFDM has a higher effective spectral efficiency than CA-OFDM due to more aggregated CCs in a given bandwidth.
VI. IMPLEMENTATION CHALLENGES OF THE SOFT DETECTOR
To simplify the following discussion, assume an oversampling factor ρ = 1 resulting in Q = N . In terms of a conventional CA-OFDM system, its experimental setup follows the same architecture, as illustrated in Fig. 6 , except that some modules are specially designed for CA-SEFDM. First, due to the nonorthogonal packed subcarriers in SEFDM, a typical IFFTbased modulation or FFT-based demodulation cannot be used directly. Moreover, in order to mitigate both self-created ICI and the ICI from multipath fading, a time-domain channel estimation/equation and a soft detector are introduced specifically for SEFDM.
In typical OFDM systems, the IFFT and FFT are, respectively, efficient transmitter and receiver methods, of similar complexity. For the nonorthogonal SEFDM signals modified algorithms are needed for the purposes of signal generation and detection and these require increased complexity. We show the complexity of different signal generation algorithms using IFFT operations in Table III . The complexity of the converse FFT operations of the receiver, which are parts of the FFT detector of Fig. 4 , is calculated in a similar manner.
A direct signal generation technique (applied to any α) according to (2) is shown in the third column with a higher complexity than the IFFT one. Furthermore, in the next column, a single IFFT of N/α length is shown with reduced complexity. Subsequently, a multiple IFFT-based algorithm including c parallel IFFT blocks each of N points shows its competitive computational complexity. In [36] , a more efficient algorithm termed "pruned" IFFT operation was specially investigated for SEFDM, where redundant operations like zero padding or zero insertion are skipped. The "Pruned-S" indicates the pruned version of the single IFFT while the "Pruned-M" indicates the multiple IFFTs one. It is apparent that the complexities of all the IFFT-based SEFDM algorithms are dependent on both the number of subcarriers N and the value of α. Fig. 12 shows the computational complexity in terms of complex multiplication operations of several algorithms as a function of the bandwidth compression factor α. Generally, the IFFT approach has a competitive advantage since it requires the least operations compared with other methods. The direct algorithm requires a significantly higher number of operations that is more than two orders of magnitude higher than the IFFT one. All IFFT-based SEFDM algorithms exhibit a significant reduction in the number of operations compared to the direct method. It should be mentioned that the computational complexities of the IFFT-based algorithms vary on the basis of α, while the direct approach is independent of α. Due to the requirement of the values of N/α ∈ 2 (N > 0 ) in the single IFFT scheme, its practical use is prohibitive. Therefore, the analysis of its complexity is not included in Fig. 12 . It is evident that the computational complexity of the multiple IFFTs algorithm increases with the bandwidth compression factor. This is attributed to the fact that the denominator (i.e., c) of the bandwidth compression factor α on the x-axis increases. It is also illustrated in Table III that the complexity is proportional to the value of c. Therefore, it is inferred that the multiple scheme is applicable to a bandwidth compression factor with small denominators (i.e., c). In Fig. 12 , in terms of the multiple IFFT-based algorithms including the pruned and nonpruned versions, two peaks are displayed. This is due to the large denominator (i.e., c = 25) of the bandwidth compression factors. In our experiment, in order to demonstrate the idea of CA-SEFDM, the bandwidth compression factors are set to be 0.72 and 0.84 to satisfy the requirements of 7 and 6 aggregated CCs. In practice, the bandwidth compression factors can be selected around 0.72 and 0.84 since adjacent values in Fig. 12 show much lower complexity. In addition, the pruned version of the multiple IFFTs algorithm shows little benefit in complexity reduction compared to the nonpruned version. Overall, although there are differences in the implementation of CA-OFDM and CA-SEFDM, these are limited. A key difference is in SEFDM's unique and specially designed soft detector, which is used to remove interference with internal structure illustrated in Fig. 4 . For both systems, forward error correction is required to minimize bit errors, and thus, the use of the BCJR decoder (or equivalent) is common to both systems. Interleaving is an operation to improve the performance of error correcting codes by permutating a bit stream to avoid burst errors (e.g., caused by deep fading). At the receiver, a reverse operation termed deinterleaving Π −1 is required. In SEFDM, an additional interleaver is required in the soft detector for the iterative process. Clearly, the interleaver Π within the SEFDM soft detector necessitates additional resource consumption. The complexity of the FFT detector may be deduced from Table III since the basic operations within the FFT detector are FFT and IFFT operations of similar complexity [31] .
VII. CONCLUSION
This paper introduces a new framework to increase the number of CCs, in a CA system, within a limited bandwidth and without changing the transmission rate per subcarrier, by using bandwidth compressed SEFDM signals. Results illustrate that overall bit rate can be increased while maintaining the same bandwidth. Using signal structure based on LTE-Advanced and through some modification of the pilot symbol structure, this work shows experimentally that compressing the subcarrier spacing within each CC by 16%, a CA-SEFDM system can integrate 6 CCs into the same 25 MHz bandwidth used for a CA-OFDM system with five CCs. Moreover, with further compression by 28%, one more CC can be aggregated. The superiority of CA-SEFDM is demonstrated by comparing it to CA-OFDM.
This experimental work showed the feasibility of increasing bit rate by up to 40% at the expense of 3 dB increase in power penalty and increased implementation complexity, especially at the receiver. Such experimental results were obtained by testing signals over an LTE channel generated using a commercially available channel emulator operating in the 2 GHz band. If signals proposed here were to replace the LTE standard signals, clearly compatibility issues have to be addressed. Although the bandwidth and spectral allocation are the same, changes in the number of component carriers and subcarrier frequency spacing, as well as the required changes for pilot tone arrangements, would require changes to existing LTE standards. This may be a reasonable price to incur given the bandwidth saving advantages.
